Abstract-The aim of this work is to develop a device capable to record multiple audio signals (in our case 4 audio signals from 4 microphones of the area) and transmit the information through a network for acoustic source localization. We briefly discuss the first two versions, then the HRTF (Head Related Transfer Function) version of the acoustic sensors is detailed. Experimental results for identifying sound sources are also presented.
I. INTRODUCTION
Source localization using acoustic emission (voice, moving noise, animals) is an attractive method to determine the position in multiple applications [1] . Location accuracy involves placing multiple sensors such microphones in area of interest. In spite of the obvious advantages they have over single-microphone systems, the traditional network microphones have their limitations. They usually probe the acoustic space most of the time in their immediate vicinity, i.e. at a relatively large distance from the sound source. Due to dimensional and power consumption limitations, especially in the case of small portable equipment, the processing power is limited. To counter these drawbacks, microphone networks have been created through wireless connections.
An acoustic sensor network consists of a set of several sensors arranged in the nodes of a network distributed spatially in the environment. For example, they can be distributed in the tops of squares or hexagons. Due to the fact that the network nodes are interconnected or connected to a central point by wireless technologies, the limitations of the covered area are no longer a major problem. Also, considerably increase the amount of information collected.
The implementation of these microphone networks must take into account several considerations [2] :
• For an ad-hoc distributed network, the microphones from the nodes can be uncalibrated and also their position may be not well established or known;
• In some applications, the position of microphones and also their number can vary;
• In most of the cases there are serious limitations in terms of signals bandwidth which are to be transmitted between nodes;
• In the case of the distributed networks there is a need for primary processing of data at the nodes level as efficiently as possible without affecting their content;
• Another issue is the synchronization of transmitted data.
These special requirements lead to specific approaches to signal processing theory, modeling, and algorithms used to design and implement microphone networks.
In this paper we are not concerned of the overall function of a smart acoustic sensor. We are primarily interested to develop of an acoustic sensor that is able to recover the audio signals in a wild environment. It means that we are focusing to find a cheap, reliable acoustic sensor, with good frequency characteristics in low and medium audio frequency bands.
The paper is organized as follows. In Section II we describe the three versions of the acoustic sensor developed by our team. First, we have used ECM shotgun microphones, then an AKG C 417 microphone was placed on a central shaft, and finally, based on experiments we have developed an acoustic sensor based on the Head Related Transfer Function (HRTF).. In Section III we present some experimental results of the proposed acoustic sensor.
II. ACOUSTIC SENSOR DESIGN

A. Alpha version
To capture the sound sources, in the first experiments we used a network of 4 microphones orthogonal arranged [2] . The microphones used were shotgun model ECM 670 [3] . Based on measurements with this device, the goal was to estimate the best behavior we could have with such a professional microphone. This type of microphone is a directional one with a very good signal / noise ratio and very good linearity in the band. Due to these constructive parameters, the price is high and would greatly increase the cost of the sensor network. The results obtained with this microphone network have been published in [1] and show that such a network can be used in domestic applications or for wild spaces but only for small surface areas.
B. Beta version
After analyzing the methods of locating the acoustic sources and taking into account the parameters to be https://www.degruyter.com/view/j/cjece determined and calculated, several types of mechanical constructions (platforms, reflectors, supports) and microphone models have been experimented. The proposed goal was to obtain directivity parameters, signal / noise and linearity ratios close to those of the microphones used in the initial Alpha version experiments, but at a much lower cost. In this regard, a AKG C 417 lavalier condenser microphone was chosen [4] .
Initially, an implementation with a microphone and a parabolic reflector was experienced (Fig.1 ). An AKG C 417 microphone was placed on a central shaft. Using a multiburst signal generator, in an acoustic and acoustic-treated (nonreverberant) environment, the audio attenuation characteristic between 50 Hz and 5 kHz was determined. From the analysis of the experimental results (oscillograms and spectral characteristic), we observed that with these dimensions of the parabola, the frequency characteristic is nonlinear, with attenuation in low frequency area. Since the frequency range in the spectrum between 50 Hz and 3 kHz is the area of interest where most of the acoustic sources are concerned, it was considered that this type of reflector is not suitable for the intended purpose.
The second experiment was performed with a semicylindrical reflector. The tests were done under the same conditions. The results were similar to those of the parabolic reflector.
In conclusion, these two reflective constructs, due to inadequate frequency characteristics, cannot be used to produce acoustic sensors adapted to capture the acoustic signals of interest.
C. Gamma version
As it was stated before, the requirements for the sensing cell are related to directivity, linearity, reliability, and weather protection. Equally important is that signals captured by the sensor should provide useful data that can be used to determine the direction of arrival or location of the sound source.
Numerous methods for locating sound sources are based on a model built on human body structure, namely the skull and human hearing organs (auriculas, auditory canal, tympanum, inter-auricular distance, etc.). Consequently, one of the acoustic sources localization methods is based on the Head Related Transfer Function (HRTF). It consists of three parameters in spherical coordinates; azimuth (measured clockwise) φ, elevation θ, and either time or frequency [5] .
HRTF is the Fourier transform of HRIR (Head Related Impulse Response) and represents the filter characteristics of the head, ears, back and shoulder assembly due to the diffraction and reflection phenomena of the sound waves.
In our case, the acoustic sensor must be built and optimized to meet the requirements and the intended purpose. Due to the fact that they are at a relatively large distance (hundreds of meters) and a short distance from the ground, the sound targets can be considered as being in a plane. For this reason, the sensor directivity diagram should be limited relative to this plane. In addition, information coming in other directions must be mitigated as much as possible because they only contribute to lowering the signal / noise ratio. The angle of opening of the directional plane diagram must be limited to an angle of 90 o (for a system composed of 4 microphones). In this way one can build a sensor network in the corners of a quadrilateral, one square for example. The precision of location is not critical; it can be made with errors of tens of meters without affecting its outcome. Our primary goal is to identify the source as accurately as possible and to locate with a sufficiently good accuracy in a defined area.
Taking into account those listed above, the following configuration was constructed consisting of 4 microphones inserted into a mechanical structure (Figs. 2-5 ): • On both N-S and E-W directions, there is a connection channel so that the sound received in one direction is also captured by the microphone in the opposite direction, of course at a different level and with a delay. This channel, whose size and shape will be determined experimentally, is designed to alter, alter the spectral composition of the signal captured by the microphone in the opposite direction of the sound source;
• The 4 condenser capsules will be positioned in the hearth of a semispherical reflector, which also has an "altering" spectrum of the received signal, this time of the one in the direction of the sound source. Their dimension must be chosen to introduce a distortion in the spectrum in the area that is not of interest in terms of positioning the fundamental harmonics of the sound sources that are wanted to be identified and located. In the following it will be experimentally established that this spectral area is in the range 1 kHz -3 kHz. 
III. IDENTIFYING SOUND SOURCES WITH THE GAMMA VERSION
For identification of the sound sources a series of field recordings were made in real conditions (Fig. 6-11) . After the spectral analysis of these records has been performed, the sound sources were identified and then registered in a catalogue. We found that for many signals the value of the fundamental frequency of the analyzed signals is a criterion for differentiating audio sound sources. For instance, depending on the model and the manufacturer, the chain saws have the fundamental frequency of different values and can be easily observed and differentiated from the spectral analysis chart. The frequency range is between 120 Hz and 180 Hz for 2-stroke single cylinder petrol engines. For 4-stroke Diesel Engines (TAF forest transporters, tractors, etc.), the fundamental frequency is between 280 Hz and 340 Hz. For firearms, spectral analysis is not so relevant, because the impulse signals occupy the entire spectrum without a fundamental one. In this case the identification was made after the oscillogram. https://www.degruyter.com/view/j/cjece Another objective achieved is the database of spectral fingerprints of sound sources. With an extensive database available, sources will be identified based on engine type, capacity, manufacturer, etc. We used a set of signals to determine spectral characteristics and directivity:
• Sinusoidal signals, having frequency 150, 500, 1000, 2000, 3000 and 4000 Hz;
• Multiburst;
• Impulse (wood knock, metal knock, firearm);
• Engine (chainsaw or TAF/tractor).
For sensor system directivity, the results obtained are illustrated in Table 1 , where:
• LND -Level North Direction;
• LNS -Level South Direction;
• LWD -Level West Direction. After analyzing the results, there is a significant difference between 10-15 dB of the levels of the signals from the direction of arrival and from the opposite direction, respectively the axis N-S. On the E-W axis, perpendicular to the direction of arrival, the levels must be close to those obtained under laboratory conditions. Differences are due to calibration errors of signal levels received by microphones.
IV. CONCLUSION
In this work we developed a device capable to record multiple audio signals (in our case 4 audio signals from 4 microphones of the area). The HRTF (Head Related Transfer Function) version of the acoustic sensors has been discussed. Experimental results for identifying sound sources have been presented and it was shown that this type of sensor may provide enough accuracy for detecting intruders in wild environments.
